3GPP TSG-CT WG1 Meeting #93
C1-152845
Vancouver (Canada), 17-21 August 2015

	CR-Form-v11.1

	CHANGE REQUEST

	

	
	24.237
	CR
	1200
	rev
	-
	Current version:
	13.1.0
	

	

	For HELP on using this form: comprehensive instructions can be found at 
http://www.3gpp.org/Change-Requests.

	


	Proposed change affects:
	UICC apps
	
	ME
	x
	Radio Access Network
	
	Core Network
	x


	

	Title:

	Session modification in SC UE, ATCF, MSC server

	
	

	Source to WG:
	Ericsson

	Source to TSG:
	C1

	
	

	Work item code:
	TEI13
	
	Date:
	2015-08-03

	
	
	
	
	

	Category:
	F
	
	Release:
	Rel-13

	
	Use one of the following categories:
F  (correction)
A  (mirror corresponding to a change in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)

Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	Use one of the following releases:
Rel-8
(Release 8)
Rel-9
(Release 9)
Rel-10
(Release 10)
Rel-11
(Release 11)
Rel-12
(Release 12)
Rel-13
(Release 13)
Rel-14
(Release 14)

	
	

	Reason for change:
	1) When several access legs exist for a call and a SIP re-INVITE request without SDP offer is received on remote leg of the call, then the SCC AS needs to send a SIP INVITE request without SDP offer to all access legs. Thus, SC UE, ATCF and MSC server need to support handling of SIP re-INVITE request without SDP offer.
2) When several access legs exist for a call, a SIP UPDATE request without SDP offer is received on remote leg of the call, and the contact URI or indicated feature-capability indicators change, then the SCC AS needs to send a SIP UPDATE request without SDP offer to all access legs. Thus, SC UE, ATCF and MSC server need to support handling of SIP UPDATE request without SDP offer.

3) When several access legs exist for a call, and when remote UE sends a re-INVITE request (or SIP UPDATE request) with SDP offer, the SCC AS needs to send a re-INVITE request (or SIP UPDATE request) to all access legs (each containing the appropriate part of the SDP offer). Thus, SC UE, ATCF and MSC need to support handling of SIP re-INVITE request (or SIP UPDATE request) with SDP offer.

	
	

	Summary of change:
	SC UE, ATCF and MSC server support handling:

- of SIP re-INVITE request without SDP offer.
- of SIP UPDATE request without SDP offer.

- of SIP re-INVITE request with SDP offer.

- of SIP UPDATE request with SDP offer.

	
	

	Consequences if not approved:
	Session modification not possible when several access legs exist for a call. 
Loss of a call if remote UE needs the session modification to succeed.

	
	

	Clauses affected:
	5.2, 5.4, 5.6

	
	

	
	Y
	N
	
	

	Other specs
	
	x
	 Other core specifications

	TS/TR ... CR ... 

	affected:
	
	x
	 Test specifications
	TS/TR ... CR ... 

	(show related CRs)
	
	x
	 O&M Specifications
	TS/TR ... CR ... 

	
	

	Other comments:
	


***** Next change *****
5.2
User Equipment (UE)

To be compliant with access transfer in this document, a UE shall implement the role of an SC UE:

-
acting as an UA as defined in 3GPP TS 24.229 [2];

-
according to subclause 6.2 for registration of the UE in the IM CN subsystem; and

-
dependent on the desired functionality, one or more of the procedures according to subclause 6A.2, subclause 7.2, subclause 8.2, subclause 9.2, subclause 10.2, subclause 11.2, subclause 12.2, subclause 13.2 and subclause 20.1.

The SC UE shall support accepting a received SIP re-INVITE request (and SIP UPDATE request) with SDP offer and accepting a received SIP re-INVITE request (and SIP UPDATE request) without SDP offer according to 3GPP TS 24.229 [2].
***** Next change *****
5.4
MSC server

An MSC server can be compliant with PS to CS SRVCC session transfer procedures as described in this document.

In order to be compliant with PS to CS SRVCC session transfer procedures as described in this document:

-
an MSC server using SIP interface to initiate the session transfer shall provide the UA role as defined for a MSC server enhanced for SRVCC using SIP interface in annex A of 3GPP TS 24.229 [2] and the role of an MSC server enhanced for PS to CS SRVCC using SIP interface as described in subclause 12.6.1.1; or

-
an MSC server shall provide the role of an MSC server enhanced for ICS as specified in subclause 12.4.0.
If an MSC server is enhanced for ICS and is compliant with PS to CS SRVCC session transfer procedures as described in this document, the MSC server shall also provide the role of an MSC server enhanced for ICS as specified in subclause 22.2.

In order to be compliant with vSRVCC session transfer procedures as described in this document, the MSC server shall be:

-
compliant with the PS to CS SRVCC session transfer procedure specified in subclause 12.6.1.1 and additionally provide the functionality to support vSRVCC, as described in subclause 12.6.1.2; or

-
compliant with the PS to CS SRVCC session transfer procedure specified in subclauses 12.4.0 and additionally provide the functionality to support vSRVCC, as described in subclause 12.4.0B.

An MSC server can be compliant with the access transfer procedures for the MSC server assisted mid-call feature as described in this document.

In order to be compliant with the access transfer procedures for the MSC server assisted mid-call feature as described in this document, the MSC server shall:

-
provide the role of an MSC server enhanced for ICS as described in subclause 6.4 and subclause 9.4 and additionally provide the functionality described in subclause 9.5;

-
provide the role of an MSC server enhanced for ICS as described in subclause 12.4.0, and additionally provide the functionality described in subclause  12.4A; or

-
provide the role of an MSC server enhanced for PS to CS SRVCC using a SIP interface as described in subclause 12.6.1.1, and additionally provide the functionality described in subclause 12.4A.

In order to enable the UE to remove/add participants from/to an IMS conference call after the access transfer, the MSC Server supporting the MSC server assisted mid-call feature shall provide the role of an MSC server enhanced for ICS.
An MSC server can be compliant with the procedures for the PS to CS SRVCC for calls in alerting phase as described in this document.

In order to be compliant with the procedures for the PS to CS SRVCC for calls in alerting phase as described in this document, the MSC server shall:

-
provide the role of an MSC server enhanced for ICS as described in subclause 12.4.0 or subclause 12.4.0B, and additionally provide the functionality described in subclause 12.6.3; or

-
provide the role of an MSC server enhanced for SRVCC using a SIP interface as described in subclause 12.6.1 and additionally provide the functionality described in subclause 12.6.3.

The MSC server also handles SDP media description conflicts according to subclause 6A.5.
If the MSC server supports the PS to CS SRVCC for calls in alerting phase, the MSC server may also support the PS to CS SRVCC for originating calls in pre-alerting phase. The procedures for the PS to CS SRVCC for originating calls in pre-alerting phase are described in the subclauses describing the PS to CS SRVCC for calls in alerting phase.

If a MSC server supports the PS to CS dual radio for calls in alerting phase, the MSC server shall support UA role procedure defined in IETF RFC 3262 [86] and IETF RFC 3311 [87].

The MSC server may also indicate the traffic leg according to subclause 6A.6.

In all SIP INVITE requests sent by the MSC server, the MSC server shall insert a P-Charging-Vector header field with the "icid-value" header field parameter populated as specified in 3GPP TS 32.260 [85] and a type 1 "orig-ioi" header field parameter. The MSC server shall set the type 1 "orig-ioi" header field parameter to a value that identifies the sending network of the request. The MSC server shall not include the type 1 "term-ioi" header field parameter.

The MSC server shall support accepting a received SIP re-INVITE request (and SIP UPDATE request) with SDP offer and accepting a received SIP re-INVITE request (and SIP UPDATE request) without SDP offer according to 3GPP TS 24.229 [2].
***** Next change *****
5.6
Access Transfer Control Function (ATCF)
To be compliant with access transfer in this document, the ATCF shall:

1)
provide the proxy role as defined in 3GPP TS 24.229 [2], with the exceptions and additional capabilities as described for the ATCF in subclause 6.5, subclause 6A.3, subclause 7.5, subclause 8.4, and subclause 12.7.2.4;

2)
provide the B2BUA functionality with the exceptions and additional capabilities as described for the ATCF in subclause 12.7.2. When providing the B2BUA functionality, the ATCF shall provide the UA role as defined in 3GPP TS 24.229 [2] and additionally shall:

a.
internally map the message header fields from a SIP message received in one dialog to related SIP message sent in the correlated dialog managed by ATCF;

b.
transparently pass supported and unsupported signalling elements (e.g. SIP headers, SIP messages bodies); and

c.
transparently forward received Contact header field, P-Asserted-Identity header field and, if available, the Privacy header field.

The following procedures apply to all procedures at the ATCF:

1)
if it has been decided to anchor the media in ATGW according to operator policy, and a SIP message including an SDP offer or answer is received:

NOTE:
At this point, ATCF interacts with ATGW to provide information needed in the procedures below, and to request the ATGW to start forwarding the media(s) from the remote UE to the local UE. The details of interaction between ATCF and ATGW are out of scope of this document.

a.
upon the received message with an SDP offer or answer included is sent by the served UE within the dialog, replace the SDP in the received SIP message with updated SDP provided by ATGW, which contains the ATGW IP addresses and ports; and

b.
upon the received message with an SDP offer or answer included is sent by the remote UE within the dialog, replace the SDP in the received SIP message with updated SDP provided by ATGW, which contains the ATGW IP addresses and ports; and

2)
the ATCF also handles SDP media description conflicts according to subclause 6A.5.

The ATCF may also indicate the traffic leg according to subclause 6A.6.
The ATCF shall support forwarding of a received SIP re-INVITE request (and SIP UPDATE request) with SDP offer and forwarding of a received SIP re-INVITE request (and SIP UPDATE request) without SDP offer according to 3GPP TS 24.229 [2].
